In the paper a general model for the transmission of layered video is introduced. The effect of packet dropping in different layers on the reconstruction of pictures is analysed. The application of unequal packet loss protection (UPLP) for layered video is proposed and the performance is investigated. An algorithm for the design of the UPLP parameters is described. The numerical analysis shows that the unequal packet loss protection can significantly improve the communication quality, in the sense of packet loss rate on reconstructing pictures, without any additional complexity in the network infrastructure. It is also shown that application of UPLP can achieve a more efficient bandwidth utilization than application of ARQ protocols. This technique is suitable for multimedia multicasting in heterogeneous networks, as well as for digital video broadcasting systems which support a variety of receivers with different resolutions and signal processing powers.
I. Introduction
Multimedia multicast has now become an important research area. Multicasting provides an efficient way of distributing information data from a sender to a group of receivers, instead of separately sending a copy of the data to each individual receiver. This will greatly reduce the traffic load in the networks, or greatly reduce the spectrum requirement in channels. However, distribution of data over unreliable networks, such as Internet and radio fading channels, does not guarantee reliable delivery. Data packets are frequently dropped, due to congestion in the nodes of networks or deep fadings and interference in the radio channels.
In order to improve the data transmission reliability, the techniques of automatic repeat request (ARQ) have been adopted in many communication systems. Simple ARQ protocols for multicast suffer from a condition known as feedback implosion, because many receivers attempt to send acknowledgement (ACK) for a single packet. A number of multicast ARQ protocols have been suggested to avoid or reduce the implosion effect, which can be classified to three approaches: send-initiated ARQ [21, 11, 12, 13] , receiver-initiated ARQ [5, 9, 12, 13] and hierarchical ARQ.
In the first approach, the message is (re-)sent until ACKs from "all destinations" are received, with the exception of those receivers which are in bad linked condition and will be detached from the multicast link group. The second approach shifts the error control load from the source to the destinations. It uses a negative mechanism (NAK) with a semantic of a retransmission request. The sender multicasts all packets, giving priority to retransmissions and a receiver sends a NAK when it detects errors or lost packets.
The ring-based [13] , tree-based [11] , Log-Based [7] ARQs are the examples of the third approach. The ring-based approach organizes the receivers into a ring and one of the receivers has a token. The sender is responsible only for reliable packet delivery to the token receiver which is responsible for retransmission to all other receivers. The tree-based approach organizes all receivers into an ACK tree. The source or an intermediate node in the tree is responsible for reliable packet delivery only for its immediate children in the tree. The log-based approach uses logging servers that logs all transmitted packets from the source. When a receiver detects a lost packet, it requests the missing packet from a primary or secondary logging server.
While ARQ techniques are effective in providing reliability, they can result in significant and unpredictable delay, making ARQ unsuitable for applications that have stringent real-time constraints, for instance, video conferencing and moving pictures through wide area networks (WAN). Since most real-time application can tolerate some degree of data loss, but can not tolerate long-time delay associated with retransmissions, forward error correction coding (FEC) is often cited as a technique for read-time multicast. Initially, the FEC techniques are applied to correct errors within a data packet. For multicast, the techniques are also suggested to be applied at the packet level for recovering the dropped packets. FEC by itself can not provide full reliability. However, when combined with ARQ, called hybrid ARQ, FEC can be used to produce inherently scalable reliable multicast [17, 14, 4] .
All the above protocols and the performance analysis are based on the assumption that all the message packets are of equal importance and full reliability is always expected. In fact, compressed digital video signal can be constructed in the form of layers. The signal in a higher layer is an enhancement for the quality of the base layer picture. The layered structure allows the creation of a scalable systems. Scalability may be in signal-to-noise ratio, chroma resolution, luminance resolution and temporal resolution. Therefore message packet in different layers are of different importance.
For the transmission of video data to many users, though the multicast applications reach enormous performance benefits from the underlying multicast service, they are challenged by the network heterogeneity. End devices range from simple palm-top personal digital assistants to powerful high-end desktop PCs. Network link capacity can vary by many orders of magnitude.
The concept of multilayer multicast is suggested in [3, 20] . In this approach, different layers of the signal are transmitted by multiple multicast groups. Receivers individually define their reception rate by adjusting the number of layers that are expected. A receiver-driven multicast adaptation algorithm has been proposed in [15] . In the proposal, layers are selectively forwarded by using multiple IP-multicast groups where each receiver specifies its level of subscription by joining a subset of the groups.
Layered broadcast receiving is also suggested in the MPEG standards [8] . In a future digital HDTV broadcasting system it may be advantageous to have a single transmitted signal which supports a variety of decoding resolution and signal qualities. For example, a portable receiver with a small screen could discard higher layer data and simply decode the received base layer signal to give a coarse scaled picture, and a high-definition receiver would need to decoder further enhancement layers which would be added to the base layer picture in order to improve its quality and resolution. This paper is devoted to the questions of layered video multicast over unreliable heterogeneous networks and layered video broadcasting to heterogeneous receivers. We specifically focus on the packet loss protection for the transmission and reconstruction of pictures with layered structure. We consider a class of layered video structures and introduce a simple model of the layered video signals. This model is extremely primitive, but highlights the cumulative relationship among the data contained in different layers. A variety of models can be derived from this simple model to describe various applications of layered video. The quality of a reconstructed picture in the receivers is a function of the lost message packets. In the paper, packet loss rate, i.e. the probability that a message packet is lost, is applied to be a measure of the communication quality.
The lost packets in each layer may include two parts: direct loss and indirect loss. The direct lost packet are dropped packets in the network, which can not be recovered in the receiver. The indirect lost packets are those packets which can not be used to reconstruct the picture due to packet loss in the lower layers. This also displays the unequal importance of packets in different layers. Consequently, unequal packet loss protection (UPLP), FEC with different number of redundancy packets in different layers to recover the dropped packet, is suggested and the performance is formulated. Furthermore, the massage in base layer is required by all the users, and the number of users decreases as the layer increases. A packet loss in the lower layer destroys the picture quality more seriously than the loss in higher layers. Therefore we suggest that different layers should have different requirements of the packet loss rate and denoted as a vector. In the paper an algorithm for finding design parameters of the unequal packet loss protection to satisfy the quality requirements is described.
The remainder of the paper is organized as follows. section II gives an overview of layered video compression and transmission. A simple model of layered video is described, unequal packet loss protection is proposed, and the performance, i.e. packet loss rate, is formulated. In section III, we introduce an algorithm to calculate the parameters of unequal protection code so that the packet loss rate satisfies the requirements. An adaptive unequal protection method is also discussed in the section. Section IV is a case study. Some of numerical results are given. It is shown that layered video is more sensitive to the packet dropping than un-layered video, and unequal loss protection is more efficient than equal protection. It is also shown that UPLP requires much less bandwidth than ARQ protocols. Finally conclusions and future works are found in section V.
II. Unequal Packet Loss Protection
In the section, the concept of layered video signal is reviewed. A simple model of layered video is proposed. The transmission and reconstruction of layered video with unequal packet loss protection is modelled and analysed. The packet loss rate in reconstructing the pictures is derived.
Layered Video model
In layered video compression [16, 10, 1] , the input signal is compressed into a number of discrete layers, arranged in a hierarchy that provides progressive refinement. A structure of a layered video code [16] is depicted in figure 1 .
Video layered compression is generally divided into two basic categories: temporal compression and spatial compression.
Temporal prediction has been used in several standards, such as MPEG and H261. Temporal compression takes advantage of the similarities between successive pictures in real material. Instead of sending information for each picture separately, it sends the difference between the previous picture and the current picture, called prediction error. The prediction error can be substantially compressed, if the frame does not change much. Conditional replenishment is another temporal compression method, which transform a frame only if the interframe difference is bigger than some threshold. Temporal layers can be produced by splitting interframe difference or frame updates into separate layers. For example, video signal of MPEG-2 can be split into three layers (I, P, B), or more precisely into five layers (I, P1, P2, P3, B). In the case of using temporal prediction, a packet loss in lower layers causes some packets in upper layers to be unusable for the construction of pictures, because the current picture at a higher layer is based on the previous pictures at lower layers.
Layered DCT [1] , pyramid coding [2] , subband image coding [22, 16] are some examples of layered spatial coding.
A number of methods have been developed to produce layered video code by using layered DCT, such as successive quantization, spectral separation and spatial scaling.
In pyramid coding, the input original image is first down-sampled in two dimensions and low-pass filtered to create a coarse scale representation, i.e. a coarse resolution image as the base layer signal. This signal is then up-sampled and subtracted from the original input to produce a prediction error as the enhancement layer signal.
Subband decomposition introduces an inherent and layered representation over an entire image. We first perform subband analysis along the horizontal axis to yield low-and high-frequency representations, called L and H subbands. In turn, we perform the same subband analysis in vertical axis to yield four subbands: LL subband as a base layer, HL, LH and HH subbands as enhancement layers. The video signal is now split into four layers (LL, HL, LH, HH).
In all the above layered spatial coding, the signal in the upper layers is related to the signal in lower layers. Packet loss in the lower layers causes indirect packet loss in upper layers. But there are some exceptions. For example, layers HL and LH in subband decomposition of four layers have no hierarchical relations. However, if we put HL and LH in the second layer, the three layers (LL, HL//LH, HH) are correlated.
In general, let a layered video code has n layers: layer 1 to layer n. Layer 1 is the base layer and layer n is the most upper layer. An n-layered video code can be modelled as:
where L i is the relative thickness of layer i. The "thickness" might represent in bytes, packets, data rate, packet rate, etc. If all the upper layers are dependant on the lower layers, it also means that, for example, if L 1 packets of the first layer are lost, then L 2 packets of the second layer are unusable in the picture reconstruction, consequently L 3 , ..., L n are unusable.
To represent the correlation of the layers, a layered video signal can further be modelled by an matrix, that is
in which l ij is the relative factor from layer i to layer j. It means that, for example, one lost packet in layer i will results in l ij packets unusable in layer j. Therefore we have 
Unequal protection
Error correction codes can be applied within the data packets where bits could be erroneous or missing. In this paper, the FEC is applied to recover dropped packets, due to congestion, buffer overflows and fadings. A packet with uncorrectable errors is also considered as a dropped packet, if an error correction and detection code is applied within the packets.
A dropped packet is just an erasure in an error correction code. An erasure decoding algorithm can be found in [23] , in which an algorithm for solving a Vandemonde system of equations is applied to reduce the decoding complexity of Reed-solomon (RS) codes. Consider that a maximum distance separable (MDS) [23] code, for instance RS code, is used in reliable communications. The sender produces k message and r redundancy packets in each codeword. If a receiver receives at least k of the packets, all the dropped message packets can be recovered. Otherwise, non of the dropped packets can be recovered from the received packets. Nowadays, the values of k and r are decided without considering the special situation in layered image data. Different layers get the same degree of protection, in other words, the same code and the same parameters (k, r) are applied in all the layers. Since packet loss in lower layers causes some packets in upper layers to be useless, lower layers should have stronger loss protection than higher layers. Such unequal protection can be achieved by choosing different k and r. Lower layers use higher r, more redundancy packets, and higher layers use low r, less redundancy packets.
Given a layered video model [L 1 : L 2 : ... : L n ], the unequal packet loss protection, UPLP, can correspondingly be denoted as:
We define the redundancy-to-message packet ratio (RMR) for layer i as
Let the total thickness of the layered message be , the average RMR is
Let all . If we have , the average number of unrecovered packets in a low layer is less than that in a higher layer. In other words, more important packets have lower unrecovery possibility than less important packets. In this case, notation (4) can be simply represented as
For equal packet loss protection, we set all r i = r in (7). Figure 2 shows an example of the UPLP process. The input (a) is layered message, modelled as [1 : 1 : 2] with length of k packets in each of layers 1 and 2, 2k packets in layer 3. The message is then encoded with unequal redundancy MDS codes [k, r= (3, 2, 0)]. Suppose the packet dropping probability is p. Some of packets are dropped in the networks or channels. Since the number of dropped packets, for example, is 4 (1 message packet and 3 redundancy packet) in the first layer, which is greater than r 1 , the dropped message packet can not be recovered in the decoder. Two dropped packets in layer 2 can be recovered. As layer 3 has no redundancy, the dropped packets can not be recovered. In the figure, since there is one lost packet in layers 1, the 3 related packets in layer 2 and 3 are useless for the reconstruction of picture and are called indirect lost packets.
Analysis of Packet Loss
We will take the probability of message packet loss in the reconstruction of pictures, called packet loss rate, as a measure of communication quality. In this section, we first derive the probability of an unrecovered message packet in the layers. Since the message in higher layers is an enhancement to, or a difference from the lower layers, packet loss in a lower layer will result in some packets in higher layers being useless for the reconstruction of pic-
tures. These useless packets are called indirect lost packets. All remaining unrecovered packets are called direct loss packets. Thus the loss packets consist of two parts, direct loss and indirect loss. We assume that transmitted packets are independently dropped in the network with packet dropping probability p. For a given [L 1 : L 2 : ... : L n ] layered image model, we can simply assume that there are kL i information packets in layer i.
Given an MDS(k, r) code, where k is the number of message packets and r the number of redundancy packets. If the number of dropped packets in the receiver is less than or equal to the number of redundancy packets, the dropped message packets can always be recovered in an erasure decoder. Otherwise, the dropped message packets can not be recovered. Let j = 0, 1, ..., k be the number of dropped message packets which can not be recovered in an MDS(k, r) decoder. The probability of there existing j unrecovered message packets is given by (8) Therefore the probability of unrecovered message packets, ε(k, r, p), can be given by (9) For the layered model [L 1 : L 2 : ... :L n ] with unequal protection parameters (r 1 , r 2 , ..., r n ), the unrecovered packet probability in layer i can be calculated by (8) and (9) using r i instead of r, and denoted as ε(k, r i , p) or simply ε i for i = 1, 2, ..., n.
In the first layer, the average number of lost packets equals the number of unrecovered packets ( . The approximation will not result in the risk of the calculation of packet loss, because the value calculated from the latter is always equal or a little greater than the value from the former. For the same reason, we put in the following. The total number of lost packets in the second layer will be .
Similarly, the total number of lost packet in the third layer is If we reasonably define , then the total number of lost packets in layer i can be calculated by
Therefore, the packet loss rate in layer i is
for . 
As the message in different layer is of different importance, it is reasonable that different packet loss rates are required for different layers. The requirement can be denoted as (12) in which for (13) should be satisfied due to indirect packet loss. The designed or measured packet loss rate should meet the condition for all i = 1, 2, ..., n.
The average number of lost packets in all the layers can be calculated by (14) Thus the overall packet lost rate is (15) 
III. Adaptive Unequal Protection
In practice, the packet dropping probability p is a variable. Therefore, the redundancies (r 1 , r 2 , ..., r n ) can be calculated by using Equations (8) - (11) . It is a complicated compute problem to find the set (r 1 , r 2 , ..., r n ) with minimum average redundancy-tomessage packet ratio (RMR) so that the packet loss rate Q i in each layer is not greater than the required value q i . Now, we describe a procedure for the calculation (r 1 , r 2 , ..., r n ) so that the RMR is close to the minimum.
Algorithm:
Given (q 1 , q 2 , ..., q n ) and p to find (r 1 , r 2 , ..., r n ) with minimum RMR such that for i = 1, 2, ..., n.
Step1. Calculate the set q' = (q' 1 , q' 2 , ..., q' n ) by
Step2. For i = 1, 2, ..., n, find r i such that the unrecovered packet probability If , set r i = 0 else by the sub-steps:
2. Calculate ε(k, r i , p) using Eq (8) and (9) 3. If then increase r i with step size 1 until else, (a) reduce r i with step size 1, until (b) set r i = r i + 1
Step 3. Do from i = n to 2 1. Reduce r i with step size 1 and calculate Q j for until Q j > q j , where Q j can be calculated by Equations (8), (9) and (11)
The first step is to roughly set the requirement of direct loss in each layer.
Step 2 is to preliminarily determine a value of the parameter r i for each layer. Since the average number of dropped message packets in a codeword is pk, at least redundancy packets are needed in a codeword. We therefore start the trial from this number. The redundancy values found in Step 2 are usually greater than the required values, as the direct loss rate set in step 1 does not concern the case of relative factor l ij > 1. Thus, Step 3 is to refinedly reduce the redundancy-to-message packet ratio by using the heuristic way that we put less redundancy in upper layers and greater redundancy in lower layers.
As an example, some results of using this procedure are given in table 1. In the example, the assumed layer model is L = [1 : 2 : 4 : 8], the requirement q = (0.02%, 0.2%, 1%, 6%) and k = 100. The UPLP parameters (r 1 , r 2 , r 3 , r 4 ) for a given dropping probability p are produced by using this procedure. Then the designed packet loss rates (Q 1 , Q 2 , Q 3 , Q 4 ) are calculated by equation (8 -11) , average RMR (R av ) by Equation (5) and (6) . Computer search shows that the average RMR in the table is minimum or close to the minimum. The table can be stored in a ROM. The sender might automatically adjust the redundancy parameters according to the dropping probability from the network report. It is obvious that the average RMR increases as packet dropping probability increases. The increase of redundancy packets may further result in more packet dropping due to congestion in the network. In the case, the sender might send the packets with required UPLP in lower layers, blocking the high layers. It is the same when the overall available bandwidth is limited. It is obvious that a receiver
can adaptively select the lever of video layers by joining a subset of the groups in multilayer multicast. When there is much congestion, it will decrease if many receivers select low layers instead of higher layers.
IV. Case Study and Comparison
In the section, some of numerical results are given. It is shown that layered video is more sensitive to packet dropping than un-layered video, and unequal loss protection is more efficient than equal protection. In the section, we always set k = 100 (the number of message packets in the codes). Figure 3 shows the overall packet loss rate Q av in the image reconstruction as a function of packet dropping probability p for different layered models, without packet loss protection. For the transmission of un-layered video, L= [1] , the average packet loss rate Q av is equal to the dropping probability p. For layered video, the loss rate is much greater than the probability. The more layers the video consists of, the more packets are lost. It is the same as thickness ratio of the layers increases. This implies that the packet loss protection for layered video is more important than for un-layered video.
We compare the packet loss rate Q i of each layer between equal protection and unequal protection by figure 5 for the same model and the same average RMR but r = (13, 11, 10, 0) . It is obvious that the loss rate in lower layers 1 -3 of the unequal protection is always smaller than that of equal protection, but it is opposite for layer 4 if p < 3.5%.
We now compare the forward bandwidth requirement of this protocol with ARQ protocols, without consideration of feedback implosion and time delay. In the ARQ approach the sender Suppose that layered model L = [1 : 2 : 4 : 8] and quality requirement q = [0.02%, 0.2%, 1%, 6%] are given. We also assume that layered 1 is required by M receivers, i.e. the total number in the multicast system, layer 2 by , layer 3 by , and layer 4 by . Table 2 shows the bandwidth increment (R av ) as a function of packet dropping probability (p) and the number of receivers (M) so that the quality requirement is satisfied, if the ARQ and UPLP are respectively adopted. In the table R av (ARQ), and R av (UPLP) represent the bandwidth increment for the use of protocols ARQ and UPLP respectively. M = 400, 4000, 40000 receivers are assumed. The bandwidth requirement for UPLP is naturally independent of the number of receivers, but strongly dependent on the number for ARQ. The table shows that UPLP requires much less bandwidth than ARQ. The difference of bandwidth increment between the two protocols increases, as the packet dropping probability increase.
V. Conclusions
In this paper, we outline a framework for the transmission of layered signals over a heterogeneous networks using unequal packet loss protection codes. A simple and general model of layered video is proposed. The simple model highlights the hierarchical relationship among the packets contained in different layers. According to the techniques adopted for layered signal compression and statistics knowledge, any concrete models for the application can be derived from this simple model. The message packets in different layers have different degree of contributions to the number of users, picture quality and packet loss rate in the level of reconstruction of pictures. Therefore the layered packets loss rate, instead of average packet loss rate is suggested as an important measure of service quality. Based on the layered model and layered requirement, a method of unequal packet loss protection is proposed to recover the original message packets which are dropped in the transmission path or which are uncorrectable in the received packets. The unequal protection code is a packet erasure correction code with different number of redundancy packets for different layers. In the paper, the performance of unequal protection codes for the transmission of layered video signal over unreliable channels is formulated. An algorithm for finding the UPLP parameters to satisfy the quality requirements is described. An adaptive UPLP method is introduced. Our case study shows that the quality of reconstructed picture of layered-video is very sensitive to the packet dropping probability. The application of unequal packet loss protection is significantly efficient in the sense of overall channel utilization and reconstructed picture quality. The UPLP as a forward error correction code make the multicast systems totally avoid the problems of feedback acknowledgements and significantly reduce the latency. The UPLP efficiently assigns the overall redundancy to the different layers with different priority to improve the service quality. The UPLP should be used to support constrained latency applications of layered message, such as audio and video that can tolerate some packet loss with different degree for different layers. Therefore the overall bandwidth can be more efficiently utilized without any additional complexity in the network infrastructure. This proposal is suitable for digital audio and video broadcasting for heterogeneous terminals, and multimedia multicasting over heterogeneous networks.
However, this layered signal model is extremely primitive. For a concrete application of layered signal compression and transmission, a concrete layered signal model is required for the UPLP design and implementation. In the case study section of the paper, the packet loss rate at the level of picture reconstruction is assumed. How the packet loss rate in different layer influences the picture quality must be further investigated.
